A cross-layer framework of interplay between multiple description coding (MDC) at the source and layered modulation using superposition coding (SPC) at the channel has recently been proposed as an effective approach to mitigate the vicious effects due to multi-user diversity and fast Rayleigh fading in wireless video broadcast/ multicast. However, there has not been a rigorous and general end-to-end distortion analysis to determine if and when such interplay between the protection code (such as MDC) in the upper layer and the multi-resolution modulation by way of SPC in PHY/MAC layer for transmitting successively refined information can lead to a better end-to-end distortion performance than other possibilities. The paper provides a comprehensive information theoretical analysis on the end-to-end distortion. Mathematical proofs are derived to confirm the advantages and conditions of such cross-layer systems to always give the better distortion performance. Numerical analysis is conducted to verify the mathematical conclusions while unveiling some interesting observations.
INTRODUCTION
The current commercial deployments for video broadcast/ multicast are largely based on managed content delivery or distributed networks [1] [2] [3] consisting of media servers and caches/gateways with high operational costs. On the other hand, innovative techniques by P2P or P2P overlay such as CoolStreaming [4] , NTUStreaming [5] , MediaGrid [6] and Permission to make digital or hard copies of all or part of this work for personal or classroom use is granted without fee provided that copies are not made or distributed for profit or commercial advantage and that copies bear this notice and the full citation on the first page. To copy otherwise, or republish, to post on servers or to redistribute to lists, requires prior specific permission and/or a fee. PPLive [7] are evolved to deliver streaming videos in public IP networks but with less reliability assurance. Regardless of which of these approaches is to become the predominant architecture, it is envisioned that the existing real-time video broadcast/ multicast services will be extended to and offered in wireless environments due to the emergence of broadband wireless access (BWA) technologies such as IEEE 802.16 [8] and Long Term Evolution (LTE) [9] . The demand for real-time wireless video broadcast/ multicast services will drive the growth of future carrier networks while pushing bandwidth and accessibility limits.
To enable a reliable and efficient video broadcast/ multicast service over BWA networks, there are a couple of legacy problems that need to be carefully addressed and solved. The first one is video quality loss due to packet loss. In a BWA network that supports video broadcast/ multicast services, the source end first digitalizes analog video signals via quantization and compression, and then packetizes the compressed video bitstream for transmission. Received packets at each broadcast/ multicast recipient will be re-assembled into an orderly bitstream for reconstructing the video with a potential quality loss (i.e. the endto-end distortion due to quantization and transmission loss). Due to the time-varying nature of wireless channels, possibly user mobility, and scalable coding of video signals, transmission loss may yield a significant portion of the total end-to-end distortion at a recipient when the corresponding channel experiences temporary deafness, which calls for a design of temporal diversity. Although repetitive transmission or re-transmission may alleviate the transmission loss problem, it is neither efficient nor scalable in the broadcast/ multicast scenario.
Multi-user diversity is another legacy problem. One of the most common causes of multi-user diversity is user channel diversity, where each broadcast/ multicast recipient is subject to different channel conditions due to their mobility, varying distances to the base station (BS) or access point (AP), and respective channel fading. In addition to channel diversity, the multi-user diversity could be due to the respective video quality requirement stipulated in a service level agreement, where some premium users expect to access more video bitstreams for better video qualities that are not necessary to the other general receivers. With multi-user diversity, the transmission rates that can be accommodated by these receivers vary from one receiver to another. Such multi-user diversity among a group of wireless receivers makes it a challenge in selection of an effective transmission strategy at the BS/AP for each broadcast/ multicast transmission of video services. Note that using a very conservative transmission policy or any retransmission/relay approach may satisfy all the potential users at the expense of much larger resource consumption, which impairs the system economic scale and network management overheads.
One conceptual solution proposed in the literature that partially tackled the multi-user diversity problem above is to use superposition coded (SPC) modulation coupled with scalable video coding [10] [11] [12] [13] For example, a 2-level SPC multicast scheme for delivering IPTV content over WiMAX was introduced in [11] , where the video bitstreams of base and enhancem ent quality layers in each video frame are superimposed together within a single SPC multicast signal, so that most receivers can demodulate and decode at least the basic video quality with high probability, and meanwhile the receivers with good channel conditions can obtain both quality layers of video bitsreams from the same multicast signal. The employment of SPC can achieve the effect of multi-resolution modulation that exploits the progressive refinement feature of scalable video coding. Early works [15] [16] [17] [18] of information-theoretical analysis on the performance bound of superposition coding on the broadcast channel alone are well studied a long ago. In recent years, the studies in [19] [20] identified the end-to-end distortion bound from a cross-layer perspective, and the impacts due to the power allocations in successive quality layers of video data. The evaluation of distortion in these works is based on the expected number of layers that can be decoded under a constant channel realization, where no loss is assumed in the layers that to be decoded. However, the truth is that a quality layer of data in a successively refined source may not be decodable if there is any loss of channel codeword even if the corresponding long-term channel realization is sufficient. Such a loss of codeword could be easily due to the short-term fading effect, which leads to failure of achieving the required instantaneous channel realization from time to time. This situation is particularly an issue to mobile users.
To tackle the transmission loss problem, a partial conceptual solution is to apply erasure coding at the MAC or higher layer such as Digital Fountain Code [21] or multiple description coding (MDC) at the application layer [22] [23] [24] . For example, the Digital Fountain Code was combined in [25] with a MAC layer multicast policy based on a statistical value threshold. Nonetheless, erasure coding and MDC have been considered so far without reference to SPC multicast at all. Recently, a cross-layer design in [26] is strategically engineered to interplay a modified MDC on scalable video along with SPC multicast, which tackle both the diverse transmission loss and multi-user channel diversity problems.
Due to the infancy of this approach, a general informationtheoretical analysis on the end-to-end distortion as well as the performance bound is open. Even though there is a relatively rich literature in MDC (see [21, 23] ), an information-theoretical characterization of MDC (i.e., the achievable region of MDC) is still unknown even for general memoryless sources, let alone the characterization for general stationary or non-stationary sources and the algorithms for designing optimal MDC. Hence, a fundamental problem here is to investigate whether the use of an erasure coding or other protection codes on successive video data in coupled with SPC multicast can improve the system performance. If that is the case, the other fundamental problems are when and under what conditions that such cross-layer designed system always gives the improved overall quality under the general Gaussian broadcast channels. These established the objectives of this paper, which are the timely issues to be addressed due to the growing wireless video multicast/ broadcast applications such as wireless IPTV, wireless digital signage, mobile gaming, etc. Our contributions of this paper include:
1. A generalized cross-layer framework of coded wireless video broadcast/ multicast is introduced with a closed-form end-toend distortion function for Gaussian broadcast channels. 2. The existence of a convexity in such closed-form distortion function is proved, which means a minimized distortion can be achieved by optimizing the protection variable k i in quality layer i using common optimization techniques. 3. A lemma to identify the conditions of the proposed framework to give a lower distortion than a system without protection. The rest of the paper is organized as follows. In Section 2, the system model and problem definition will be provided, where the coded video broadcast/ multicast framework for the MDC and SPC interplay will be reviewed. In Section 3, the end-to-end distortion is formulated into a closed-form. The convexity is proved to exist in the derived distortion function in Section 4. Meanwhile, a lemma is also derived to indicate the necessary operating conditions for the proposed system to achieve a lower distortion than a system without protections under the same broadcast/multicast conditions. In Section 5, numerical results are presented to prove the benefits of the proposed cross-layer framework. Finally, Section 6 concludes the paper.
A Cross-layer Design Framework of Coded Wireless Video Broadcast/ Multicast
The proposed framework is described in this section. The original video data is encoded by a video codec into a scalable bitstream at the source end, which is split into segments corresponding to multiple quality layers. Before passing the bitstream to a BS for broadcast/ multicast transmissions, each segment is further encoded by a protection code into row(s) of protected units (PUs) with an extended size. PUs of different quality layers are queued in corresponding buffers and modulated strategically by corresponding modulation schemes before being superimposed altogether as a coded broadcast/ multicast transmission block. Since the proposed framework concerns the interactions between both the source and channel codings, the cross-layer designs are presented below respectively, followed by the integration of the two coding designs. Finally, the advantages of the proposed framework under the channel diversity will be also illustrated.
Source Coding Using MDC
Suppose there are L quality layers (i.e., l = 1, 2, …, L) in a scalable video bitstream of a group of frames (GoF) encoded by a layered video coding. Each layer is indexed in the order of nonincreasing importance such that layer l is protected with an (N, K l ) code as shown in Fig. 1 . Smaller K l brings a better protection for the bitstream data of layer l against loss/error of any PU of N bytes. The PUs of layer l are then packetized in a way that the i-th byte in the PU will be assigned to the i -th MDC packet for transmission, where i = 1, …, N. All these N MDC packets of the PU are then regarded as being equally important, where only the number of received MDC packets matters to reconstruct the required video quality of the GoF regardless of which MDC packets are received. Hence, the layered MDC is consistent with the concept of generic MDC, where the i -th MDC packet constitutes the i -th description of the GoF, and contains a bitstream of multiple quality layers in the GoF. A sequence of the i -th MDC packets for all the GoF of the video content constitutes the i -th description for the whole media stream.
Superposition Coded Multicast (SPCM)
A 2-level Superposition Coded Multicast (SPCM) was introduced in [11] for video multicasting in WiMAX. Instead of using a single modulation scheme at a time, each multicast signal is generated at the transmitter by superposing video bitstreams of base layer modulated by BPSK with those of enhancement layer modulated by a higher-order modulation such as QPSK. A receiver can either obtain the base video quality of an IPTV channel by partially decoding the multicast packet for those bitstreams modulated in BPSK when the channel is not good enough; or obtain the full video quality from all bitstreams modulated in BPSK and QPSK by successfully decoding the whole superposition coded multicast packet when the channel is good. Thus, the adoption of SPCM by a WiMAX BS can fully take advantage of the dependency of base and enhancement layer data in the task of video multicasting.
Interplays of Source and Channel Coding
To demonstrate the idea of the proposed cross-layer design, Coded Wireless Video Broadcast/ Multicast, with a simple case study but without the loss of generality, 2 quality layers are assumed in each video source symbol for the simplicity. Note that that a source symbol can be a large block of source symbols that represent a macro-block in a video frame. The PUs of bitstreams in layer 1 and 2 are generated by layered MDC using Reed Soloman (RS) codes with K 1 = 3, K 2 = 2, and N = 4 as shown in Fig. 2 . Hence, the PUs of layer 1 and layer 2 are queued in buffer B1 and B2 in the BS respectively according to their description order as shown in Fig. 3 . Starting with the first available timeslot for broadcast/ multicast transmission at time t = 1, the MDC packets of layer 1 that belong to the 1 -st description in B1 are modulated with BPSK, which requires a lower SNR to demodulate for a given bit error rate (BER). In the same timeslot, the MDC packets of layer 2 in B2 that belong to the 1 -st description are modulated by QPSK, which needs a higher symbol SNR to demodulate for the same BER. Both modulated signals from buffers B1 and B2 are then superimposed altogether to form a superposition coded transmission block which is launched in the channel as shown in Fig. 3 . The transmitter repeats the same superposition process for the next set of PUs belonging to the 2 -nd description in all buffers for the next transmission timeslot (e.g. at time t = 2) and so forth, until all the descriptions of the video source symbol are transmitted. The same process is then continued with the next video source symbol until the end of the video. The transmitter could launch the video bitstreams with a certain scheduling policy under the given transmission resources. Also, the network operators could select the appropriate power and K value of each layer for a particular optimization purpose. An illustration on the proposed cross-layer framework is given in Fig. 4 . Fig. 3 . Buffers B1 and B2 to store PUs of different layers.
By assuming that the bottom layer of SPC can be decoded by most receivers except for those under very deep fading, different descriptions (or subset) of MDC packets with embedded data recovery are transmitted across consecutive SPC broadcasting/ multicasting blocks, which not only provides differentiated video qualities to the receivers with different channel conditions according to their instantaneous channel conditions, but also tackles the short-term deafness due to the fast and deep fading. This serves as an effective and scalable approach in maintaining the optimal long-term video quality perceivable by each receiver in wireless video broadcast/ multicast services.
End-to-end Performance Analysis
In specific, we will try to analyze the end-to-end distortion of the system, and determine if and when the interplay between the protection code (such as MDC) in the upper layer and the multiresolution modulation by way of SPC in the PHY/MAC layer for transmitting successively refined data can lead to a better end-toend distortion performance than other possibilities.
End-to-End Distortion Analysis
This section outlines the approach in analyzing the end-to-end distortion over a general Gaussian channel under the proposed framework. Our effort starts with a nice closed-form formula on the averaged end-to-end distortion, denoted as D , in a sourcechannel coding system derived in [20] :
where D Q is the conventional quantization distortion of the source code used, N is the number of codewords in the source code, σ 2 is the source variance, p err is the average channel symbol error rate (SER), and S Q is the scatter factor of the source code. The approximation in Eq. (4.1) is accurate when N is relatively large, which is the case in high rate coding. The above formula was established under the assumption that quantized source symbols (or vectors) are randomly mapped into channel symbols in a oneto-one manner, and was also shown in [21] to provide good endto-end distortion approximation for any deterministic mapping from quantized source symbols to channel symbols when the underlying channel is very noisy.
From Eq. (4.1), it is observed that if the receiver can somehow be aware of the transmission error whenever the channel output symbol is erroneous, it can actually do better in the sense of reducing D by simply declaring the loss of the channel symbol and using the source mean as the source symbol estimate, rather than using the wrong channel symbol to obtain an estimate. In this case, is reduced to
Therefore, it is assumed that a simple yet intelligent error detection mechanism is adopted in the proposed framework, which allows the receiver to declare a loss of packet or channel symbol whenever an error occurs and a loss arises. Our focus is then to analyze and reduce the impact of packet loss on the endto-end distortion.
To illustrate our approach, it is assumed that the source is Gaussian distributed. From the rate distortion function of a Gaussian source, the mean squared quantization distortion is 2 -nR when the source is described at a rate of nR bits per source symbol, where n is the bandwidth ratio defined as n=C/S. Note that n describes the number of channel uses per source symbol (i.e., the number of channel symbols required for sending one source symbol) when each fading block spans C channel uses, over which the transmitter describes S source symbols. R is the rate in bits per channel symbol. Therefore, Eq. (4.2) becomes
where p err is now defined as the average compound channel SER due to the transmission of n channel symbols to describe a single source symbol at the receiver. To apply the above distortion model to the interplay of SPC and MDC, that the video bitstreams of multiple quality layers are considered to be embedded within a single superposition coded broadcast/ multicast signal when letting the receiver decode bitstreams up to the l -th successive layer. This happens when the channel achieves a rate of R j j=1 l ∑ , where R j is the rate achievable for transmitting data of layer j in the channel with a channel gain of h j occurring with probability  p j . The value  p j of is obtained by splitting the probability density function of a channel gain distribution into a number of even discrete portions, which is equal to the possible choices of modulation schemes that are used in decoding the coded wireless signal with the corresponding h j .
All possible values of channel gain h j in the distribution are collected over two possible scenarios: 1) from a group of receivers within the same wireless video multicast/broadcast network; 2) from a wireless receiver over a long-term period. The rate, R j , the achievable for transmitting data of layer j, can be derived as
where ρ j is the energy allocated to layer j, and L is the total number of layers in a coded wireless multicast signal. Thus, Eq. (5) can describe the end-to-end distortion over a channel achieving rate,
, with a compound average SER, p err , l which allows the receiver to decode the coded wireless multicast signal up to layer l:
When MDC is additionally considered on top of the scalable bitstreams and SPC, the source information bits that were originally transmitted by k l number of channel symbols are encoded into protected information bits that require n number of channel symbols for layer l. Therefore, only (k l / n) R l bits in each channel symbol are available for describing layer l of the source symbol. With such discount factor of k l / n, layer l of the source symbol is described by an effective rate of k l R l bits from n channel symbol transmissions, which refines Eq. (5) as follows:
On the other hand, the average compound SER, now denoted as p' err,l , which is in the channel decoding the wireless signal up to layer l with the effective rate, k l R l , becomes
where p M,i is the average SER affected by the signal-to-noise ratio (SNR) realized at layer l, which is in turn, also affected by the D selection of a set of M-ary modulation schemes and the allocated power, ρ l , in layer l, where
and γ l is the channel realization for the layer l in SPC. Note that a system without using the protection code is actually a special case of our proposed system with MDC over SPC when k l = n for l =1, …, L. The average compound SER, denoted as, p err,l , of layer l in this special case is
For a fair comparison in the forthcoming analysis, a system with and without MDC on each layer will both use the same bandwidth ratio, n, and other system parameters such as power allocations and channel distributions. Using Eqs. (6), (7) and (8), and averaging over different channel conditions with probability  p j results in a representation of the upper bound on the expected endto-end distortion of the system with MDC over SPC:
On the other hand, Eqs. (5) and (9) yield the expected distortion when only using SPC without any protection code like MDC:
Recall that Eq. (9) is a special case of Eq. (7) when k l = n for l=1,…, L, which makes Eq. (10) and Eq (11) equivalent. That implies that the proposed framework delivers the same distortion as a system without the protection when it is evaluated at k l = n for l =1, …, L. In the next section, the distortion of the proposed cross-layer interplays between SPC and MDC is shown to be minimized with optimized protections. The purpose is to show us that a smaller expected distortion for the receiver's wireless video broadcast/multicast applications than a system without using protections under some engineered operations.
MINIZMING THE DISTORION WITH OPTIMIZED PROTECTIONS
The goals in this section are to show if and when the cross-layer framework Coded Wireless Video Broadcast/ Multicast can achieve better end-to-end distortion performance than other possibilities (i.e., no protection) by demonstrating that: (1) The expected distortion of the proposed framework can be minimized with optimized protection (i.e., the existence of convexity of the distortion function); (2) A lemma to show the necessary conditions for the proposed system that always gives a lower distortion than a system without protection.
A group of frames (GoFs) from a video source is assumed to be encoded into a set of successively refinable (SR) information, which will be further encoded with a RS based Multiple Description Coding (MDC) before being transmitted to a group of receivers through layered multicast/broadcast signals using superposition coding at the channel as illustrated in Fig. 1. 
The Existence of Convexity
It is common to use fundamental derivatives and the Hessian matrix to prove the existence of convexity (i.e., the existence of a global minimum) in the function of the expected distortion for some optimal k values of different quality layers. However, obtaining a nice closed form for a multi-valuable function such as Eq. (10) for optimality can be challenging. In addition, the binomial distribution and product term in both Eqs. (10)- (11) prohibit direct differentiations. However, the averaged compound SER in Eq. (7) is upper bounded nicely for possible differentiations as follows:
where
Eq. (10) In region A, the expected distortion, E[d A ], is bounded by:
where 
Hence, r A,1 (k 1 ) is convex for 0 < k 1 < µ 1 − n 2 in region A.
Hence, the Hessian matrix is positive definite for 0 < k 1 < µ 1 − n 2 and 0 < k 2 < µ 2 − n 2 , which confirms q A,2 (k 1 ,k 2 ) is convex in these ranges.
Hence, the Hessia matrix is positive definite for 0 < k 1 < µ 1 − n 2 and 0 < k 2 < µ 2 − n 2 , which confirms r A,2 (k 1 ,k 2 ) is convex in these ranges.
With Eqs. (15) (16) (17) (18) (19) (20) (21) , a convexity of E[d A ] exists in region A (i.e., 0 < k 1 < µ 1 − n 2 and 0 < k 2 < µ 2 − n 2 ) due to the convexity of the sum of convex functions. Statement (1) 
NUMERICAL ANALYSIS
The numerical analysis in this section are utilized to serve us two purposes: 1) to acquire some intuitive observations for verifying the conclusions and tendencies that proved mathematically in the last section; 2) to observe and discuss other interesting observations that are not trivial to conclude by differentiating the equations. The smaller the value of k 1 in a graph means that the less number of information bits, k 1 R 1 , of video data in layer 1 are transmitted in a channel symbol, but more number of bits, (N − k 1 ) R 1 , is used for protection. N is total number of transmission (i.e., channel symbols) required for a single source symbol in each video quality, where N = 30 is set in our tests. When k 1 = N and k 2 = N, the obtained distortion of the cross-layer frameworkCoded Wireless Video Broadcast/ Multicast framework is behaving as a system without using any protection as described in Eq., which gives us a direct comparison to the legacy scheme. It can be observed directly from the distortion curves in Fig.  6 -Fig. 8 that the existence of the convexity in the distortion function is confirmed and visualized. In addition, it is aligned to the results of Lemma 1 that the system always gives a lower distortion than a system without any protection (i.e., the distortion at k 1 = N and k 2 = N). In the graphs, a minimized distortion is shown for some optimized protection values. Fig. 6 and Fig. 7 show the expected distortions over various combinations of protection values k 1 and k 2 . However, the system in Fig. 6 experiences a higher average compound symbol error, p M , 1 , in layer 1, but has the same averaged compound symbol error, p M , 2 , in layer 2 as the system in Fig. 7 . It can be observed that the system in Fig. 6 requires more protection for layer 1 (i.e., a smaller value of k 1 ) for minimizing the distortion; hence, the minimized distortion or smaller distortions exists in the area are closer to the end of k = 0 when compared to the system in Fig. 7 . From the numerical results, the optimized protection are (k 1 * = 5 and k 2 * = 2) and (k 1 * = 14 and k 2 * = 2) for their minimized distortion in Fig. 8 and Fig. 9 , respectively.
It is interesting to aware that the region giving minimized or lower distortions is much wider along the dimension of k 1 when p M , 1 , is smaller. This also happens to the dimension of k 2 when p M , 2 , get smaller. It is observed from this low distortion region in the graphs that there are quite number of possible choices of k 1 values or/and k 1 values for achieving a relatively low distortion comparable to that form the optimized protections. Depending on video source coding design, this observation may facilitate an idea of using sub-optimal protection values, if the optimized one is not feasible to obtain in some practical implementation.
Similarly, Fig. 8 and Fig. 9 show the expected distortions over various combinations of protection values k 1 and k 2 , where the system in Fig. 8 experiences a higher compound SER, p M , 2 , in layer 2. It is demonstrated that more protection is required in layer 2 (i.e., a smaller k 2 ) to get the system in Fig. 8 to approach the region with a lower or minimized distortion when compared to that in Fig. 9 . From the numerical results, k 2 * = 3 and k 2 * = 8 are the optimized protection values in layer 2 for their minimized distortion in Fig. 8 and Fig. 9 , respectively. Fig. 10 presents the expected distortions of two system together with respect to various averaged compound symbol errors, p M , 1 and p M , 2 , in which a system is with optimized protections and another one is without any protection. The numerical results show that a system always gives a better or equivalent distortion with protections when compared to a system without protections under same power allocations to quality layers and under the same channel distributions. 
CONCLUSIONS
A cross-layer framework of Coded Wireless Video Broadcast/ Multicast has been demonstrated to be an effective approach to mitigate the vicious effects due to multi-user diversity and fast fading. A general closed form of end-to-end distortion analysis is introduced in this work to determine if and when such cross-layer framework can lead to a better end-to-end distortion performance than other possibilities. A convexity is proved to exist in the derived end-to-end distortion function, which means a minimized distortion can be identified by optimizing the protection variable k i in each quality layer i. Finally, Coded Wireless Video Broadcast/ Multicast is proved to give a lower distortion than a system without protections under the same operational conditions in terms of power allocation and channel situations. Numerical analysis is conducted to verify and confirm the mathematical conclusions.
